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(57) ABSTRACT

There is provided a sound source separating apparatus
including a bidirectionality forming unit configured to form
a bidirectionality by use of a sound signal picked up by two
microphones which are located to be horizontal with respect
to the target direction, among three microphones disposed at
vertexes of an isosceles right triangle, a unidirectionality
forming unit configured to form a unidirectionality by use of
a sound signal picked up by two microphones which are
located in a same direction as the target direction, among the
three microphones, and a target sound extracting unit con-
figured to extract a target sound by performing a spectral
subtraction of all outputs from the bidirectionality forming
unit and the unidirectionality forming unit from a signal.

4 Claims, 10 Drawing Sheets
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SOUND SOURCE SEPARATING APPARATUS,
SOUND SOURCE SEPARATING PROGRAM,
SOUND PICKUP APPARATUS, AND SOUND

PICKUP PROGRAM

CROSS REFERENCE TO RELATED
APPLICATION(S)

This application is based upon and claims benefit of
priority from Japanese Patent Application No. 2013-179886,
filed on Aug. 30, 2013, the entire contents of which are
incorporated herein by reference.

BACKGROUND

The present invention relates to a sound source separating
apparatus, a sound source separating program, a sound
pickup apparatus, and a sound pickup program, and can be
applied to a sound source separating apparatus, a sound
source separating program, a sound pickup apparatus, and a
sound pickup program that separate and pick up a sound
source only in a specific direction in an environment in
which a plurality of sound sources are present, for example.

As a technique to separate and pick up a sound (herein-
after, things including a voice and a sound, for example, are
expressed as a sound) only in a specific direction in an
environment in which a plurality of sound sources are
present, there is a beamformer (hereinafter also referred to
as a BF) employing a microphone array. The beamformer is
a technique to form directionality by use of a temporal
difference between signals which reach respective micro-
phones (see Futoshi Asano, “Acoustical Technology Series
16: Array signal processing for acoustics: localization, track-
ing and separation of sound sources, edited by the Acoustical
Society of Japan, Corona Publishing Co., Ltd, Feb. 25,
2011). Beamformers are broadly classified into two kinds:
an addition type and a subtraction type. In particular, the
subtraction type BF has an advantage in that the subtraction
type BF can form directionality with a smaller number of
microphones than the addition type BF.

FIG. 2 is a block diagram showing a configuration of the
subtraction type BF in which the number of microphones is
two. In the subtraction type BF, first, a sound present in a
target direction (hereinafter referred to as a target sound)
reaches each of microphones 1 and 2, and a delayer 91
calculates a temporal difference between signals that have
reached the microphones 1 and 2. Then, by adding a delay
to a signal from any one of the microphones, a phase of the
target sound is adjusted.

The temporal difference is calculated using the following
formula (1). Here, d represents a distance between the
microphones, ¢ represents the sound speed, and T, repre-
sents a delay. Further, 6, represents an angle between the
target direction and a perpendicular direction with respect to
a straight line connecting the microphones 1 and 2.

T,=(d sin 6;)/c

M

Here, in a case where a dead angle direction is present in
the direction of the microphone 1 with respect to the
intermediate point between the microphones 1 and 2, a delay
process is performed on an input signal x,(t) of the micro-
phone 1. Then, a subtracter 92 performs a process in
accordance with a formula (2).

a()=x,(0)-x,(t=17)

@

The subtraction process can be performed similarly in a
frequency region, in which case the formula (2) is changed
as follows.
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A(@)=Xo(@)-e X () 3

Here, in a case where 0,=x1/2, the formed directionality
becomes a cardioid unidirectionality as shown in FIG. 3A,
and in a case where 0,=0 or m, the formed directionality
becomes an eight-shaped bidirectionality as shown in FIG.
3B. Here, a filter that forms the unidirectionality from the
input signal is referred to as a unidirectional filter and a filter
that forms the bidirectionality is referred to as a bidirectional
filter.

Further, by use of a spectral subtraction (hereinafter also
referred to as an SS), a strong directionality can be formed
in the dead angle direction of the bidirectionality. The
directionality is formed by use of the SS in accordance with
the following formula (4).

1 ¥(0) =X, (@) |-BlA(w)] (4)

Although the input signal X, of the microphone 1 is used
in the formula (4), the same effects can be obtained by using
an input signal X, of the microphone 2. Here, §§ is a
coeflicient for adjusting the intensity of the SS. When the
value becomes negative in subtraction, a flooring process is
performed to replace the value by O or a value that is smaller
than the original value. This technique makes it possible to
emphasize the target sound by extracting a sound that is
present in directions other than the target direction (herein-
after referred to as a non-target sound) through the bidirec-
tional filter and by subtracting an amplitude spectrum of the
extracted non-target sound from an amplitude spectrum of
the input signal.

SUMMARY

In order to actually use a sound source separating appa-
ratus for a telephone call, voice recognition, and the like,
however, it is necessary to form directionality only in one
direction and to have a strong directionality. Although a
unidirectional filter can make a dead angle in the direction
opposite to the target direction as shown in FIG. 3A,
unfortunately, the directionality in the target direction might
become weak. Further, although a beamformer using the
spectrum subtraction (SS) can obtain a strong directionality
in the target direction, unfortunately, directionality is also
formed in the same manner in the direction opposite to the
target direction as shown in FIG. 3B. Accordingly, JP
2006-197552A proposes a technique to form unidirection-
alities and bidirectionalities in various directions by increas-
ing the number of microphones, and to form a strong
directionality only in the target direction by use of outputs
from the plurality of directional filters.

The technique disclosed in JP 2006-197552A, however,
compares the outputs from the respective directional filters
including the target sound according to each frequency and
determines whether there is a target sound component or not,
thereby separating a sound; thus, in a case where the
determination of the target sound component fails, the sound
quality of the target sound after the separation might
degrade. Further, since masking is performed in which the
component that is determined to be a non-target sound is
made to 0 in separation, an increase in the non-target sound
rapidly degrades the separation performance.

Further, in a case of picking up only a sound that is present
within a specific area (hereinafter referred to as a target area
sound), the use of the subtraction type BF alone might also
pick up a sound source that is present in the periphery of the
area (hereinafter referred to as a non-target area sound).
Accordingly, the inventor of the present application pro-
poses, in a reference document (Japanese Application Num-
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ber 2012-217315), a technique to pick up the target area
sound by forming directionalities toward a target area from
different directions by use of a plurality of microphone
arrays and by crossing the directionalities in the target area.

However, in an environment in which reverberation is
strong, in particular, in a case where a primary reflection is
large, the sound pickup performance might degrade. The
technique disclosed in the reference document assumes that
a component that is commonly included in the directionali-
ties of the respective microphone arrays is only the target
area sound, and that the non-target area sound components
are different. Thus, in a case where a sound in an area that
is located at a corner of a room or beside a wall is picked up
and some of the non-target area sounds are reflected by the
wall and are mixed in the directionalities of the respective
microphone arrays at the same time, the non-target area
sound components are regarded as the target area sound
component and are extracted without being suppressed.

Accordingly, a sound source separating apparatus and
program are required that can form a sharp directionality
only in a target direction and can extract a target sound with
little degradation in sound quality. Further, a sound pickup
apparatus and program are required that can form direction-
ality only in a forward direction of a target area and can
suppress an influence of reverberation and can increase an
SN ratio by picking up a sound in an area.

In order to solve one or more of the above problems,
according to a first aspect of the present invention, there is
provided a sound source separating apparatus including a
bidirectionality forming unit configured to form a bidirec-
tionality having a dead angle in a target direction by use of
a sound signal picked up by two microphones which are
located to be horizontal with respect to the target direction,
among three microphones disposed at vertexes of an isos-
celes right triangle, a unidirectionality forming unit config-
ured to form a unidirectionality having a dead angle in the
target direction by use of a sound signal picked up by two
microphones which are located in a same direction as the
target direction, among the three microphones, and a target
sound extracting unit configured to extract a target sound by
performing a spectral subtraction of all outputs from the
bidirectionality forming unit and the unidirectionality form-
ing unit from either one of sound signals picked up by the
two microphones located to be horizontal with respect to the
target direction or a signal obtained by averaged sound
signals picked up by the two microphones.

According to a second aspect of the present invention,
there is provided a sound source separating apparatus
including a bidirectionality forming unit configured to form
a bidirectionality having a dead angle in a target direction by
use of a sound signal picked up by two microphones which
are located to be horizontal with respect to the target
direction, among three microphones disposed at vertexes of
a regular triangle, a unidirectionality forming unit config-
ured to form two unidirectionalities having dead angles of
+60° and —60° with respect to the target direction by use of
a sound signal picked up by a combination of two micro-
phones which are located at angles of +60° and -60° with
respect to the target direction, among the three microphones,
and a target sound extracting unit configured to extract a
target sound by performing a spectral subtraction of all
outputs from the bidirectionality forming unit and the uni-
directionality forming unit from either one of sound signals
picked up by the two microphones located to be horizontal
with respect to the target direction or a signal obtained by
averaged sound signals picked up by the two microphones.
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According to a third aspect of the present invention, there
is provided a sound source separating apparatus including a
bidirectionality forming unit configured to form a bidirec-
tionality having a dead angle in a target direction by use of
a sound signal picked up by two microphones which are
located to be horizontal with respect to the target direction,
among three microphones disposed at vertexes of a regular
triangle, a unidirectionality forming unit configured to form
a unidirectionality having a dead angle in the target direction
by use of a signal obtained by averaged sound signals picked
up by two microphones which are located to be horizontal
with respect to the target direction and a sound signal picked
up by the other microphone, among the three microphones,
and a target sound extracting unit configured to extract a
target sound by performing a spectral subtraction of all
outputs from the bidirectionality forming unit and the uni-
directionality forming unit from either one of sound signals
picked up by the two microphones located to be horizontal
with respect to the target direction or a signal obtained by
averaged sound signals picked up by the two microphones.

According to a fourth aspect of the present invention,
there is provided a sound source separating program for
causing a computer to function as a bidirectionality forming
unit configured to form a bidirectionality having a dead
angle in a target direction by use of a sound signal picked up
by two microphones which are located to be horizontal with
respect to the target direction, among three microphones
disposed at vertexes of an isosceles right triangle, a unidi-
rectionality forming unit configured to form a unidirection-
ality having a dead angle in the target direction by use of a
sound signal picked up by two microphones which are
located in a same direction as the target direction, among the
three microphones, and a target sound extracting unit con-
figured to extract a target sound by performing a spectral
subtraction of all outputs from the bidirectionality forming
unit and the unidirectionality forming unit from either one of
sound signals picked up by the two microphones located to
be horizontal with respect to the target direction or a signal
obtained by averaged sound signals picked up by the two
microphones.

According to a fifth aspect of the present invention, there
is provided a sound source separating program for causing
a computer to function as a bidirectionality forming unit
configured to form a bidirectionality having a dead angle in
a target direction by use of a sound signal picked up by two
microphones which are located to be horizontal with respect
to the target direction, among three microphones disposed at
vertexes of a regular triangle, a unidirectionality forming
unit configured to form two unidirectionalities having dead
angles of +60° and -60° with respect to the target direction
by use of a sound signal picked up by a combination of two
microphones which are located at angles of +60° and —60°
with respect to the target direction, among the three micro-
phones, and a target sound extracting unit configured to
extract a target sound by performing a spectral subtraction of
all outputs from the bidirectionality forming unit and the
unidirectionality forming unit from either one of sound
signals picked up by the two microphones located to be
horizontal with respect to the target direction or a signal
obtained by averaged sound signals picked up by the two
microphones.

According to a sixth aspect of the present invention, there
is provided a sound source separating program for causing
a computer to function as a bidirectionality forming unit
configured to form a bidirectionality having a dead angle in
a target direction by use of a sound signal picked up by two
microphones which are located to be horizontal with respect
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to the target direction, among three microphones disposed at
vertexes of a regular triangle, a unidirectionality forming
unit configured to form a unidirectionality having a dead
angle in the target direction by use of a signal obtained by
averaged sound signals picked up by two microphones
which are located to be horizontal with respect to the target
direction and a sound signal picked up by the other micro-
phone, among the three microphones, and a target sound
extracting unit configured to extract a target sound by
performing a spectral subtraction of all outputs from the
bidirectionality forming unit and the unidirectionality form-
ing unit from either one of sound signals picked up by the
two microphones located to be horizontal with respect to the
target direction or a signal obtained by averaged sound
signals picked up by the two microphones.

According to a seventh aspect the present invention, there
is provided a sound pickup apparatus including a plurality of
microphone arrays each including three microphones dis-
posed at vertexes of an isosceles right triangle or a regular
triangle, a directionality forming unit which corresponds to
the sound source separating apparatus according to claim 1,
which is configured to form directionality, for each of the
microphone arrays, only in a forward direction of each of the
microphone arrays with respect to a target area by use of
beamformers, for each output from each of the microphone
arrays, a power correction coefficient calculating unit con-
figured to calculate, with respect to each frequency, a ratio
of'amplitude spectra of beamformer outputs between outputs
for each of the microphone arrays from the directionality
forming unit and set a mode or a median of the calculated
ratio of amplitude spectra as a correction coefficient which
corrects power of beamformer outputs for each of the
microphone arrays, and a target area sound extracting unit
configured to extract a target area sound by performing the
following processes in sequence, correcting a beamformer
output from each of the microphone arrays from the direc-
tionality forming unit by use of the correction coefficient
calculated by the power correction coefficient calculating
unit, performing a spectral subtraction of the beamformer
output from each of the microphone arrays, the beamformer
output being obtained by the correction, to extract a non-
target area sound which is present in the target area direction
when seen from each of the microphone arrays, and per-
forming a spectral subtraction of the extracted non-target
area sound from the beamformer output from each of the
microphone arrays from the directionality forming unit.

According to an eighth aspect of the present invention,
there is provided a sound pickup program for causing
computer including a plurality of microphone arrays each
including three microphones disposed at vertexes of an
isosceles right triangle or a regular triangle to function as a
directionality forming unit which corresponds to the func-
tion of the sound source separating program according to
claim 5, which is configured to form directionality only in a
forward direction of each of the microphone arrays with
respect to a target areca by use of beamformers for each
output from each of the microphone arrays, a power cor-
rection coeflicient calculating unit configured to calculate,
with respect to each frequency, a ratio of amplitude spectra
of beamformer outputs between outputs for each of the
microphone arrays from the directionality forming unit and
set a mode or a median of the calculated ratio of amplitude
spectra as a correction coefficient which corrects power of
beamformer outputs for each of the microphone arrays, and
a target area sound extracting unit configured to extract a
target area sound by performing the following processes in
sequence, correcting a beamformer output from each of the
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microphone arrays from the directionality forming unit by
use of the correction coefficient calculated by the power
correction coeflicient calculating unit, performing a spectral
subtraction of the beamformer output from each of the
microphone arrays, the beamformer output being obtained
by the correction, to extract a non-target area sound which
is present in the target area direction when seen from each
of the microphone arrays, and performing a spectral sub-
traction of the extracted non-target area sound from the
beamformer output from each of the microphone arrays
from the directionality forming unit.

According to one or more of the embodiments of the
present invention, it is possible to form a sharp directionality
only in a target direction and extract a target sound with little
degradation in sound quality. Further, it is possible to form
directionality only in a forward direction of a target area, and
suppress an influence of reverberation and increase an SN
ratio by picking up a sound in an area.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram showing a configuration of a
sound source separating apparatus according to a first
embodiment;

FIG. 2 is a block diagram showing a configuration of a
subtraction type beamformer in which the number of micro-
phones is two;

FIGS. 3A and 3B show directional characteristics formed
by a subtraction type beamformer by use of two micro-
phones;

FIG. 4 shows an example of directional characteristics
formed by respective directional filters according to embodi-
ments of the present invention;

FIG. 5 is a block diagram showing a configuration of a
sound source separating apparatus according to a second
embodiment;

FIG. 6 shows directional characteristics formed by direc-
tional filters according to a second embodiment;

FIG. 7 is a block diagram showing a configuration of a
sound source separating apparatus according to a third
embodiment;

FIG. 8 is a block diagram showing a configuration of a
sound pickup apparatus according to a fourth embodiment;

FIG. 9 is a block diagram showing a configuration of a
directionality forming unit of a sound pickup apparatus
according to a fourth embodiment;

FIG. 10 shows an image of sound pickup in an area
performed by a sound pickup apparatus according to a fourth
embodiment;

FIG. 11 shows another image of sound pickup in an area
performed by a sound pickup apparatus according to a fourth
embodiment;

FIG. 12 is a block diagram showing a configuration of a
sound pickup apparatus according to a fifth embodiment;
and

FIG. 13 shows an example of an image of a situation in
which, by use of two microphone arrays each including three
microphones according to a fifth embodiment, two areas are
switched to pick up a sound.

DETAILED DESCRIPTION OF THE
EMBODIMENT(S)

Hereinafter, referring to the appended drawings, preferred
embodiments of the present invention will be described in
detail. It should be noted that, in this specification and the
appended drawings, structural elements that have substan-
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tially the same function and structure are denoted with the
same reference numerals, and repeated explanation thereof
is omitted.

(A) Description of Technical Idea of Embodiments
of the Present Invention

First, a technical idea of a sound source separating appa-
ratus and program according to embodiments of the present
invention will be described below.

In embodiments of the present invention, a bidirectional-
ity and a unidirectionality are formed by use of three
omnidirectional microphones, and perform a spectral sub-
traction (SS) of outputs from the respective directional filters
from input signals, thereby forming a sharp directionality
only in a target direction.

FIG. 4 shows an example of directional characteristics
formed by the respective directional filters according to
embodiments of the present invention.

Here, for example, two microphones are disposed to be
horizontal with respect to the target direction, and are called
a first microphone M1 and a second microphone M2.
Further, a third microphone M3 is disposed on a straight line
that intersects with a straight line connecting the first micro-
phone M1 and the second microphone M2 and passes
through any one of the first microphone M1 and the second
microphone M2 (here, the second microphone M2). In this
case, the distance between the third microphone M3 and the
second microphone M2 is equal to the distance between the
first microphone M1 and the second microphone M2. That
is, the three microphones M1, M2, and M3 are located to be
the vertexes of an isosceles right triangle.

First, signals from the first microphone M1 and the second
microphone M2 are input to the bidirectional filter. Further,
signals from the second microphone M2 and the third
microphone M3 are input to the unidirectional filter having
a dead angle toward the target direction.

In this manner, as shown in FIG. 4, it is found that the two
directionalities each have a dead angle in the target direc-
tion. An output from the bidirectional filter becomes a
non-target sound that is present in the left and right direction
of the target direction, and an output from the unidirectional
filter becomes a non-target sound that is present in a back-
ward direction of the target direction. The use of these two
directional filters enables extraction of all the non-target
sounds that are present in directions other than the target
direction. Finally, an SS of all the outputs from the respec-
tive directional filters from an input signal is performed to
extract the target sound. Here, the target input signal is an
input signal to the first microphone M1 or the second
microphone M2, or a signal that is obtained by averaged
input signals to the first microphone M1 and the second
microphone M2.

In the above technique, the SS is performed by use of two
output signals: an output signal from the bidirectional filter
and an output signal from the unidirectional filter. As shown
in a shaded area in FIG. 4, part of the bidirectionality
overlaps with part of the unidirectionality, so that in a simple
SS, the overlapped area is subtracted twice. The SS is a
technique to extract the target sound by use of a nature called
sparsity, with which individual sound components are
unlikely to overlap in a frequency domain.

However, whether or not a certain sound component is
present alone in a specific frequency depends on the number
of sound sources and a frequency resolution. Thus, a situ-
ation can be considered where a plurality of sound compo-
nents are present in the same frequency. Plural times of SS
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in such a situation might degrade the sound quality because
the target sound component would be reduced every time the
subtraction is performed.

Accordingly, in embodiments of the present invention, the
area where the bidirectionality overlaps with the unidirec-
tionality is canceled prior to the SS. When an amplitude
spectrum of the non-target sound extracted by the unidirec-
tional filter is subtracted from an amplitude spectrum of the
non-target sound extracted by the bidirectional filter, among
the non-target sound components extracted by the bidirec-
tional filter, a component that is commonly included in the
non-target sound component extracted by the unidirectional
filter is canceled. After that, an SS of the non-target sound
component extracted by the unidirectional filter and of the
non-target sound extracted by the bidirectional filter from
which the overlapped component is canceled from the input
signal is performed. Thus, too much subtraction of the target
sound component is not caused and the sound quality of the
target sound can be prevented from degrading.

(B) First Embodiment

A first embodiment of a sound source separating appara-
tus and program according to an embodiment of the present
invention will be described below in detail with reference to
appended drawings.

(B-1) Configuration of the First Embodiment

FIG. 1 is a block diagram showing a configuration of a
sound source separating apparatus 10A according to the first
embodiment. Portions shown in FIG. 1 other than micro-
phones may be configured by connecting various circuits in
a hardware manner, or may be configured to execute corre-
sponding functions by causing a general device or unit
including a CPU, ROM, RAM, and the like to execute a
predetermined program. In a case of employing either con-
figuration method, the functions thereof can be expressed as
FIG. 1.

In FIG. 1, the sound source separating apparatus 10A
according to the first embodiment includes a first micro-
phone M1, a second microphone M2, a third microphone
M3, signal input units 1-1, 1-2, and 1-3, a signal adding unit
2, a bidirectionality forming unit 3, a unidirectionality
forming unit 4, an overlapped directionality canceling unit 5,
and a target signal extracting unit 6.

The first microphone M1, the second microphone M2, and
the third microphone M3 are each an omnidirectional micro-
phone.

The first microphone M1 and the second microphone M2
are disposed to be horizontal with respect to the target
direction. The third microphone M3 is disposed to be present
on the same plane as the first microphone M1 and the second
microphone M2, to intersect with a straight line connecting
the first microphone M1 and the second microphone M2,
and to be on a straight line passing through the second
microphone M2.

In this case, the distance between the third microphone
M3 and the second microphone M2 is set to be equal to the
distance between the first microphone M1 and the second
microphone M2. Thus, the first microphone M1, the second
microphone M2, and the third microphone M3 are located at
the vertexes of an isosceles right triangle.

Note that the first microphone M1, the second micro-
phone M2, and the third microphone M3 are disposed at the
vertexes of an isosceles right triangle on the same plane in
a space.
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The signal input unit 1-1 is connected to the signal adding
unit 2 and the bidirectionality forming unit 3, inputs a sound
signal (things including a voice signal and a sound signal)
picked up by the first microphone M1 by converting the
sound signal from an analog signal into a digital signal, and
outputs the sound signal to the signal adding unit 2 and the
bidirectionality forming unit 3.

The signal input unit 1-2 is connected to the signal adding
unit 2, the bidirectionality forming unit 3, and the unidirec-
tionality forming unit 4, inputs a sound signal picked up by
the second microphone M2 by converting the sound signal
from an analog signal into a digital signal, and outputs the
sound signal to the signal adding unit 2, the bidirectionality
forming unit 3, and the unidirectionality forming unit 4.

The signal input unit 1-3 is connected to the unidirection-
ality forming unit 4, inputs a sound signal (voice signal,
sound signal) picked up by the third microphone M3 by
converting the sound signal from an analog signal into a
digital signal, and outputs the sound signal to the unidirec-
tionality forming unit 4.

In FIG. 1, in order to convert the input signal from a time
domain into a frequency domain, the signal input units 1-1,
1-2, and 1-3 each perform, for example, fast Fourier trans-
form.

The signal adding unit 2 adds signals output from the
signal input unit 1-1 and the signal input unit 1-2, multiplies
the power of the added signal by %2, and outputs the
multiplied signal to the target signal extracting unit 6. An
output signal from the signal adding unit 2 becomes an input
signal when the spectral subtraction (SS) is performed in the
target signal extracting unit 6. In the first embodiment, a case
is shown in which a signal obtained by averaged sound
signals from the first microphone M1 and the second micro-
phone M2 by the signal adding unit 2 is output to the target
signal extracting unit 6; however, either of the signals from
the first microphone M1 or the second microphone M2 may
be output to the target signal extracting unit 6.

The bidirectionality forming unit 3 is a bidirectional filter
that forms a bidirectionality having a dead angle in the target
direction by use of a beamformer (BF) with respect to the
outputs (digital signals) from the signal input unit 1-1 and
the signal input unit 1-2, and outputs the formed bidirec-
tionality to the overlapped directionality canceling unit 5.

The unidirectionality forming unit 4 is a unidirectional
filter that forms a unidirectionality having a dead angle in the
target direction by use of the beamformers with respect to
the outputs (digital signals) from the signal input unit 1-2
and the signal input unit 1-3, and outputs the formed
unidirectionality to the overlapped directionality canceling
unit 5.

The overlapped directionality canceling unit 5 cancels, in
order to cancel the overlapped directionality area of the
bidirectionality and the unidirectionality prior to the spectral
subtraction (SS) performed in the target signal extracting
unit 6, a signal component that is commonly included in the
output signal from the bidirectionality forming unit 3 and the
output signal from the unidirectionality forming unit 4.

The target signal extracting unit 6 is connected to the
signal adding unit 2 and the overlapped directionality can-
celing unit 5, and extracts the target sound by performing the
spectral subtraction of the output signal from the overlapped
directionality canceling unit 5 from an input signal which is
a signal from the signal adding unit 2.

In a process for extracting the target sound, all the outputs
are expected to be expressed in a frequency domain. There-
fore, as described above, the signal input units 1-1, 1-2, and
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1-3 each include a conversion unit that converts a signal in
a time domain into a signal in a frequency domain.

(B-2) Operation in the First Embodiment

Next, an operation in the sound source separating appa-
ratus 10A according to the first embodiment will be
described.

The first microphone M1, the second microphone M2, and
the third microphone M3 are disposed at the vertexes of an
isosceles right triangle. Let us assume that the interval
between the first microphone M1 and the second micro-
phone M2 and the interval between the second microphone
M2 and the third microphone M3 are each 3 cm, for
example.

A sound (voice and sound) emitted from a target sound
source is picked up (captured) by the first microphone M1,
the second microphone M2, and the third microphone M3.

A sound signal (analog signal) captured by the first
microphone M1 is converted into a digital signal by the
signal input unit 1-1, further converted by the signal input
unit 1-1 by use of fast Fourier transformation, for example,
from a time domain into a frequency domain, and given to
the signal adding unit 2 and the bidirectionality forming unit
3.

Further, a sound signal (analog signal) captured by the
second microphone M2 is converted into a digital signal by
the signal input unit 1-2, further converted by the signal
input unit 1-2 by use of fast Fourier transformation, for
example, from a time domain into a frequency domain, and
given to the signal adding unit 2, the bidirectionality forming
unit 3, and the unidirectionality forming unit 4.

Further, a sound signal (analog signal) captured by the
third microphone M3 is converted into a digital signal by the
signal input unit 1-3, further converted by the signal input
unit 1-3 by use of fast Fourier transformation, for example,
from a time domain into a frequency domain, and given to
the unidirectionality forming unit 4.

In the signal adding unit 2, the output signal from the
signal input unit 1-1 and the output signal from the signal
input unit 1-2, which have the same time axis, are added, and
the power of the added signal is multiplied by %, so that the
target sound component is emphasized.

In the bidirectionality forming unit 3, in accordance with
the formula (1) in which 6,=0, on the basis of a distance d
(e.g., 3 cm) between the first microphone M1 and the second
microphone M2, a temporal difference between a signal that
has reached the first microphone M1 and a signal that has
reached the second microphone M2 is calculated. Further, in
the bidirectionality forming unit 3, in accordance with the
formula (3), on the basis of the output signal in the frequency
domain from the signal input unit 1-1 and the output signal
in the frequency domain from the signal input unit 1-2, the
bidirectionality having a dead angle in the target direction is
formed.

That is, as shown in FIG. 4, the bidirectionality formed by
the bidirectionality forming unit 3 becomes a non-target
sound that is present in a straight line direction (the left and
right direction in FIG. 4) connecting the first microphone
M1 and the second microphone M2 with respect to the target
direction.

In the unidirectionality forming unit 4, in accordance with
the formula (1) in which 0,=-m/2, on the basis of a distance
d (e.g., 3 cm) between the second microphone M2 and the
third microphone M3, a temporal difference between a
signal that has reached the second microphone M2 and a
signal that has reached the third microphone M3 is calcu-
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lated. Further, in the unidirectionality forming unit 4, in
accordance with the formula (3), on the basis of the output
signal in the frequency domain from the signal input unit 1-2
and the output signal in the frequency domain from the
signal input unit 1-3, the unidirectionality having a dead
angle in the target direction is formed.

That is, as shown in FIG. 4, the unidirectionality formed
by the unidirectionality forming unit 4 becomes a non-target
sound that is present in a backward direction of the target
direction (that is, the opposite direction to the target direc-
tion).

In the overlapped directionality canceling unit 5, a signal
component that is commonly included in an amplitude
spectrum N, of an output from the bidirectionality forming
unit 3 and an amplitude spectrum N, of an output from the
unidirectionality forming unit 4 is canceled.

Here, the overlapped directionality canceling unit 5 can-
cels the overlapped signal component in accordance with a
formula (5).

®

N = Nuyp —Npp
YPL700 4 Nypy <0

Here, N5, is an amplitude spectrum of an output signal
from which the overlapped component of N, and Ny, is
canceled.

In a case where N ,,; becomes negative as a result of the
subtraction of the overlapped signal component, performed
by the overlapped directionality canceling unit 5, the over-
lapped directionality canceling unit 5 performs a flooring
process. Although in this example, the overlapped direction-
ality canceling unit 5 performs subtraction of Ng,, from
N, the subtraction of N, from N, may be performed so
that an amplitude spectrum Nj,,, of an output signal from
which the overlapped component is canceled can be
obtained.

Although the gain of the directionality according to
frequencies due to beamformers (BFs) differs according to
the intervals between microphones, let us assume that the
gain correction is performed on the amplitude spectrum N,
of'the output from the bidirectionality forming unit 3 and the
amplitude spectrum N, of the output from the unidirec-
tionality forming unit 4. For example, the overlapped direc-
tionality canceling unit 5 may obtain the ratio of the ampli-
tude spectrum according to frequencies on the basis of the
amplitude spectrum N, of the output from the bidirection-
ality forming unit 3 and the amplitude spectrum N, of the
output from the unidirectionality forming unit 4, which have
the same time axis, and may perform the gain correction by
use of a correction coefficient for making output power
equal.

To the target signal extracting unit 6, an amplitude spec-
trum X, of an output is given as the target sound from the
signal adding unit 2, and the amplitude spectrum N, of the
output and the amplitude spectrum N, of the output
obtained after the subtraction of the overlapped area are
given as the non-target sound from the overlapped direc-
tionality canceling unit 5.

Then, in the target signal extracting unit 6, by subtracting,
from the amplitude spectrum X, of the output from the
signal adding unit 2, the amplitude spectrum Ny, of the
output from the overlapped directionality canceling unit 5
and the amplitude spectrum N, of the output obtained
after the subtraction of the overlapped area, an emphasized
target sound is extracted.
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The target signal extracting unit 6 extracts the target
sound in accordance with a formula (6).

Y=Xps—B:Nap—BNup) (6)

Here, (3, and 3, are coefficients for adjusting the intensity
through the spectrum subtraction.

(B-3) Effects of the First Embodiment

As described above, according to the first embodiment, by
performing the SS of the non-target sound from the input
signal, the non-target sound being extracted by use of sound
signals picked up by the three omnidirectional microphones
through the unidirectional filter and the bidirectional filter, it
is possible to form a sharp directionality only in the target
direction.

Further, according to the first embodiment, since only the
SS is used for formation of the directionality in the target
direction, even when a noise is increased, the sound source
separating performance does not degrade rapidly. Further-
more, according to the first embodiment, the SS performed
after canceling the directionality overlapped area in which
the bidirectionality overlaps with the unidirectionality pre-
vents degradation of the sound quality of the target sound
due to plural times of subtractions of the overlapped area.

(C) Second Embodiment

Next, a second embodiment of a sound source separating
apparatus and program according to an embodiment of the
present invention will be described in detail with reference
to appended drawings.

The first embodiment shows the case where three micro-
phones are disposed at the vertexes of an isosceles right
triangle, and the second embodiment will show a case where
three microphones are disposed at the vertexes of a regular
triangle.

(C-1) Configuration of the Second Embodiment

FIG. 5 is a block diagram showing a configuration of a
sound source separating apparatus 10B according to the
second embodiment. The same or corresponding parts as
FIG. 1 according to the first embodiment are denoted by the
same reference numerals.

In FIG. 5, the sound source separating apparatus 10B
according to the second embodiment includes a first micro-
phone M1, a second microphone M2, a third microphone
M3, signal input units 1-1, 1-2, and 1-3, a signal adding unit
2, a bidirectionality forming unit 3, unidirectionality form-
ing units 4-1 and 4-2, an overlapped directionality canceling
unit 5, and a target signal extracting unit 6.

The first microphone M1 and the second microphone M2
are disposed to be horizontal with respect to the target
direction. The third microphone M3 is located to be present
on the same plane as the first microphone M1 and the second
microphone M2, and to be opposite to the target direction.
Thus, the first microphone M1, the second microphone M2,
and the third microphone M3 are disposed at the vertexes of
a regular triangle.

The signal input unit 1-1 is connected to the signal adding
unit 2, the bidirectionality forming unit 3, and the unidirec-
tionality forming unit 4-1, and gives an output signal to the
signal adding unit 2, the bidirectionality forming unit 3, and
the unidirectionality forming unit 4-1.
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The signal input unit 1-2 is connected to the signal adding
unit 2 and the unidirectionality forming unit 4-2, and gives
an output signal to the signal adding unit 2 and the unidi-
rectionality forming unit 4-2.

The signal input unit 1-3 is connected to the unidirection-
ality forming units 4-1 and 4-2, and gives an output signal
to the unidirectionality forming units 4-1 and 4-2.

The unidirectionality forming unit 4-1 is a unidirectional
filter that forms a unidirectionality having a dead angle of
+60° to the target direction by use of beamformers with
respect to the outputs (digital signals) from the signal input
unit 1-1 and the signal input unit 1-3, and outputs the formed
unidirectionality to the overlapped directionality canceling
unit 5.

The unidirectionality forming unit 4-2 is a unidirectional
filter that forms a unidirectionality having a dead angle of
-60° to the target direction by use of beamformers with
respect to the outputs (digital signals) from the signal input
unit 1-2 and the signal input unit 1-3, and outputs the formed
unidirectionality to the overlapped directionality canceling
unit 5.

The overlapped directionality canceling unit 5 cancels a
signal component that is commonly included in the outputs
from the bidirectionality forming unit 3 and the unidirec-
tionality forming units 4-1 and 4-2.

(C-2) Operation in the Second Embodiment

Operations of the unidirectionality forming units 4-1 and
4-2, the overlapped directionality canceling unit 5, and the
target signal extracting unit 6 in the sound source separating
apparatus 10B according to the second embodiment are
different from those in the first embodiment; therefore, the
operations of these structural elements will be described
below.

As described above, the first microphone M1, the second
microphone M2, and the third microphone M3 are disposed
at the vertexes of a regular triangle.

In the second embodiment, a unidirectionality is formed
on the basis of a sound signal of the first microphone M1 and
the third microphone M3, and a unidirectionality is formed
on the basis of a sound signal of the second microphone M2
and the third microphone M3.

In the unidirectionality forming unit 4-1, in accordance
with the formula (1) in which 8,=-m/2, on the basis of a
distance d (e.g., 3 cm) between the first microphone M1 and
the third microphone M3, a temporal difference between a
signal that has reached the first microphone M1 and a signal
that has reached the third microphone M3 is calculated.
Further, in the unidirectionality forming unit 4-1, in accor-
dance with the formula (3), on the basis of the output signal
in the frequency domain from the signal input unit 1-1 and
the output signal in the frequency domain from the signal
input unit 1-3, the unidirectionality having a dead angle of
+60° to the target direction is formed.

In the unidirectionality forming unit 4-2, in accordance
with the formula (1) in which 8,=-m/2, on the basis of a
distance d (e.g., 3 cm) between the second microphone M2
and the third microphone M3, a temporal difference between
a signal that has reached the second microphone M2 and a
signal that has reached the third microphone M3 is calcu-
lated. Further, in the unidirectionality forming unit 4-2, in
accordance with the formula (3), on the basis of the output
signal in the frequency domain from the signal input unit 1-2
and the output signal in the frequency domain from the
signal input unit 1-3, the unidirectionality having a dead
angle of —60° to the target direction is formed.
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In the overlapped directionality canceling unit 5, a com-
ponent that is commonly included in the output from the
bidirectionality forming unit 3 and the output from the
unidirectionality forming units 4-1 and 4-2 is canceled.

FIG. 6 shows directional characteristics formed by the
directional filters according to the second embodiment.

As shown in FIG. 6, there exist overlapped directionality
areas of the bidirectionality from the bidirectionality form-
ing unit 3 and the unidirectionality from the unidirectionality
forming unit 4-1 and of the bidirectionality from the bidi-
rectionality forming unit 3 and the unidirectionality from the
unidirectionality forming unit 4-2, and also of the unidirec-
tionalities from the unidirectionality forming units 4-1 and
4-2.

The overlapped directionality canceling unit 5 cancels the
overlapped areas in accordance with formulas (7) to (9)
which are extended formulas of the formula (5).

N _f NupL—Nsp @)
UPLL= 0 3 Nypry <0
N _f Nubr—Npp (8)
UPRL =) 0 4 Nypra < 0
Nuprt = Nuprt ©)

N, =
UDR2 { 0 if Nypga <0

Here, Nz, is an amplitude spectrum of an output from the
bidirectionality forming unit 3, N, is an amplitude spec-
trum of an output from the unidirectionality forming unit
4-1, and N, is an amplitude spectrum of an output from
the unidirectionality forming unit 4-2.

In the overlapped directionality canceling unit 5, a signal
component that is commonly included in an amplitude
spectrum N, of an output from the bidirectionality forming
unit 3 and the amplitude spectrum N, of an output from
the unidirectionality forming unit 4-1 is canceled. That is, in
the overlapped directionality canceling unit 5, in accordance
with the formula (7), by subtracting the amplitude spectrum
Njgp of the output from the bidirectionality forming unit 3
from the amplitude spectrum N,,,, of the output from the
unidirectionality forming unit 4-1, an amplitude spectrum
Nypzi of an output obtained after the subtraction of the
overlapped area is obtained.

In the overlapped directionality canceling unit 5, a signal
component that is commonly included in an amplitude
spectrum N, of an output from the bidirectionality forming
unit 3 and the amplitude spectrum N, of an output from
the unidirectionality forming unit 4-2 is canceled. That is, in
the overlapped directionality canceling unit 5, in accordance
with the formula (8), by subtracting the amplitude spectrum
Njgp of the output from the bidirectionality forming unit 3
from the amplitude spectrum N, of the output from the
unidirectionality forming unit 4-2, an amplitude spectrum
N p, of an output obtained after the subtraction of the
overlapped area is obtained.

Further, in the overlapped directionality canceling unit 5,
a signal component that is commonly included in the ampli-
tude spectrum N, , and the amplitude spectrum N, is
canceled, the amplitude spectrum N, ,;, being of an output
from which the component overlapped with N, is canceled,
the amplitude spectrum Nz, being of an output from
which the component overlapped with N, is canceled. That
is, in the overlapped directionality canceling unit 5, in
accordance with the formula (9), by subtracting, from the
amplitude spectrum N, of the output from which the
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component overlapped with Nz, is canceled, the amplitude
spectrum N, of the output from which the component
overlapped with N, is canceled, an amplitude spectrum
Nopgro 0of an output obtained after the subtraction of the
overlapped areas is obtained.

Further, in the formulas (7) to (9), the order of cancel of
the overlapped components may be changed. That is, the
amplitude spectra may be interchanged to execute the pro-
cess as follows: N >=Nypri-Nepr: of Ngp=Ng,—
Nopz-

Note that in the formulas (7) to (9), in a case where the
values of the amplitude spectra N7 1, Nopgis and Npprs
of the outputs obtained after the subtraction of the over-
lapped areas are negative, a flooring process is performed in
which the values of the amplitude spectra N, 71, Nepgis
and N, of the outputs obtained after the subtraction of
the overlapped areas are each replaced by 0. Note that in the
flooring process, the values may be replaced by the values
smaller than the original values (values immediately before)
of the amplitude spectra of the outputs obtained after the
subtraction of the overlapped areas.

As in the first embodiment, the gain of the directionality
according to frequencies due to BFs differs according to the
intervals between microphones; therefore, the gain correc-
tion may be performed on each frequency for the amplitude
spectra of the outputs.

To the target signal extracting unit 6, an amplitude spec-
trum X, of the output is given as the target sound from the
signal adding unit 2, and the amplitude spectrum N,,,;, of
the output and the amplitude spectrum Nz, of the output
which are obtained after the subtraction of the overlapped
areas are given as the non-target sound from the overlapped
directionality canceling unit 5.

Then, in the target signal extracting unit 6, in accordance
with the formula (10), by subtracting the amplitude spec-
trum N, and the amplitude spectrum Nz, of the
outputs obtained after the subtraction of the overlapped
areas from the amplitude spectrum X, of the output from
the signal adding unit 2, an emphasized target sound is
extracted. Here, f3,, P,, and f; are coefficients for adjusting
the intensity through the SS.

Y:XDS_ I?) INBD_ [52NUDL 1= I?)SNUDR2 (1 0)

(C-3) Effects of the Second Embodiment

As described above, according to the second embodiment,
in a case where three omnidirectional microphones are
disposed at the vertexes of a regular triangle, effects as in the
first embodiment are obtained.

(D) Third Embodiment

Next, a third embodiment of a sound source separating
apparatus and program according to an embodiment of the
present invention will be described in detail with reference
to appended drawings.

In the second embodiment described above, the combi-
nation of the first microphone M1 and the third microphone
M3 and the combination of the second microphone M2 and
the third microphone M3 each form the unidirectionality.

Here, since the sound source that is present in the target
direction reach the first microphone M1 and the second
microphone M2 at the same time, the output from the signal
adding unit 2 can be regarded as a sound signal that is picked
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up by a pseudo microphone located in the intermediate point
between the first microphone M1 and the second micro-
phone M2.

Accordingly, the third embodiment will show a case
where the unidirectionality having a dead angle in the target
direction is formed by use of the output from the signal
adding unit 2 and the output from the signal input unit 1-3.

(D-1) Configuration of the Third Embodiment

FIG. 7 is a block diagram showing a configuration of a
sound source separating apparatus 10C according to the
third embodiment. The same or corresponding parts as in
FIG. 1 and FIG. 5 according to the first and second embodi-
ments are denoted by the same reference numerals.

In FIG. 7, the sound source separating apparatus 10C
according to the third embodiment includes a first micro-
phone M1, a second microphone M2, a third microphone
M3, signal input units 1-1, 1-2, and 1-3, a signal adding unit
2, a bidirectionality forming unit 3, a unidirectionality
forming unit 4, an overlapped directionality canceling unit 5,
and a target signal extracting unit 6.

The signal input unit 1-1 is connected to the signal adding
unit 2 and the bidirectionality forming unit 3, and gives an
output signal to the signal adding unit 2 and the bidirection-
ality forming unit 3, as in the first embodiment.

The signal input unit 1-2 is connected to the signal adding
unit 2 and the bidirectionality forming unit 3, and gives an
output signal to the signal adding unit 2 and the bidirection-
ality forming unit 3.

The signal input unit 1-3 is connected to the unidirection-
ality forming unit 4, and gives an output signal to the
unidirectionality forming unit 4.

The signal adding unit 2 adds signals output from the
signal input unit 1-1 and the signal input unit 1-2, as in the
first embodiment, and multiplies the power of the added
signal by %2, and outputs the multiplied signal to the target
signal extracting unit 6 and the unidirectionality forming
unit 4.

The unidirectionality forming unit 4 is a unidirectional
filter that forms the unidirectionality having a dead angle in
the target direction by use of beamformers with respect to
the outputs from the signal input unit 1-3 and the signal
adding unit 2, and outputs the formed unidirectionality to the
overlapped directionality canceling unit 5.

The bidirectionality forming unit 3, the overlapped direc-
tionality canceling unit 5, and the target signal extracting
unit 6 have the same configurations as those in the first
embodiment.

(D-2) Operation in the Third Embodiment

The operation of the unidirectionality forming unit 4 in
the sound source separating apparatus 10C according to the
third embodiment are different from those in the first and
second embodiments; therefore, the operation of the unidi-
rectionality forming unit 4 will be described below.

In the signal adding unit 2, signals output from the signal
input unit 1-1 and the signal input unit 1-2 are added, and a
signal obtained by multiplying the power of the added signal
by Y% is output to the unidirectionality forming unit 4.

Since the outputs from the signal input units 1-1 and 1-2
which are disposed to be horizontal with respect to the target
direction are averaged, the output from the signal adding
unit 2 can be regarded as a sound signal that is picked up by
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a microphone (a pseudo microphone) located in the inter-
mediate point between the first microphone M1 and the
second microphone M2.

In the unidirectionality forming unit 4, in accordance with
the formula (1) in which 0,=-1/2, a temporal difference
between the output from the third microphone M3 and the
output from the signal adding unit 2 is calculated. Further,
in the unidirectionality forming unit 4, in accordance with
the formula (3), on the basis of the output signal in the
frequency domain from the signal input unit 1-3 and the
output signal in the frequency domain from the signal
adding unit 2, the unidirectionality having a dead angle in
the target direction is formed.

Operations of the bidirectionality forming unit 3, the
overlapped directionality canceling unit 5, and the target
signal extracting unit 6 are the same as those in the first
embodiment, so that an emphasized target sound is extracted
by the target signal extracting unit 6.

(D-3) Effects of the Third Embodiment

As described above, according to the third embodiment,
even in a case where three omnidirectional microphones are
disposed at the vertexes of a regular triangle, effects as in the
first and second embodiments are obtained by regarding the
output from the signal adding unit 2 as the sound signal
picked up by the microphone located in the intermediate
point between the first microphone M1 and the second
microphone M2 because output signals reach the first micro-
phone M1 and the second microphone at the same time.

(E) Fourth Embodiment

Next, a fourth embodiment of a sound source separating
apparatus, sound source separating program, sound pickup
apparatus, and sound pickup program according to an
embodiment of the present invention will be described in
detail with reference to appended drawings.

The fourth embodiment will show a case in which the
present invention is applied to a sound pickup apparatus that
picks up a target area sound that is present within a specific
area by use of the microphone array including three omni-
directional microphones described in the first embodiment.

(E-1) Configuration of the Fourth Embodiment

FIG. 8 is a block diagram showing a configuration of a
sound pickup apparatus 20A according to the fourth embodi-
ment. In FIG. 8, the same or corresponding parts as in FIG.
1 according to the first embodiment are denoted by the same
reference numerals.

Portions shown in FIG. 8 other than microphones may be
configured by connecting various circuits in a hardware
manner, or may be configured to execute corresponding
functions by causing a general device or unit including a
CPU, ROM, RAM, and the like to execute a predetermined
program. In a case of employing either configuration
method, the functions thereof can be expressed as FIG. 8.

In FIG. 8, the sound pickup apparatus 20A according to
the fourth embodiment includes a first microphone array
MA1, a second microphone array MA2, a data input unit 1,
a directionality forming unit 21, a delay correcting unit 22,
a spatial coordinate data holding unit 23, a target area sound
power correction coefficient calculating unit 24, and a target
area sound extracting unit 25.
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The first microphone array MA1 is disposed in a space
where the target area (hereinafter also referred to as TAR,
see FIG. 10) is present and in a position where the target area
TAR can be directed.

As shown in FIG. 8, the first microphone array MA1
includes three microphones M1, M2, and M3. The three
microphones M1, M2, and M3 are disposed at the vertexes
of an isosceles right triangle. A sound signal picked up
(captured) by each of the microphones M1, M2, and M3 is
input to a main body of the sound pickup apparatus 20A.

In the same manner as that of the first microphone array
MA1, the second microphone array MA2 has a configura-
tion in which three microphones M1, M2, and M3 are
disposed at the vertexes of an isosceles right triangle. A
sound signal picked up (captured) by each of the micro-
phones M1, M2, and M3 is input to the main body of the
sound pickup apparatus 20A.

Further, the second microphone array MA2 is disposed at
a position where the target area TAR can be directed, which
is different from the position of the first microphone array
MAL1. That is, the positions of the first and second micro-
phone arrays MA1 and MA2 may be disposed differently
with respect to the target area TAR, for example, such that
the first and second microphone arrays MA1 and MA2 face
each other with the target area TAR interposed therebe-
tween, as long as the directionalities of the microphone
arrays MA1 and MA2 overlap with each other at least in the
target area TAR.

Note that the number of microphone arrays is not limited
to two. In a case where a plurality of the target areas TAR
are present, the number of microphone arrays may be large
enough to cover all the target areas TAR.

Further, the microphones M1, M2, and M3 included in
each of the first and second microphone arrays MA1 and
MAZ2 may be disposed at the vertexes of an isosceles right
triangle or may be disposed at the vertexes of a regular
triangle.

The data input unit 1 converts the sound signal picked up
by the first and second microphone arrays MA1 and MA2
from an analog signal to a digital signal. The data input unit
1 converts a signal from a time domain into a frequency
domain, for example, by use of fast Fourier transformation
or the like, and outputs the converted signal to the direc-
tionality forming unit 21.

The directionality forming unit 22 forms a directional
beam which sets the directionality toward a forward direc-
tion of each of the microphone arrays MA1 and MA2 with
respect to the target area direction by use of a beamformer
with respect to an output (digital signal) from each of the
microphone arrays MA1 and MA2 and obtains beamformer
outputs of the microphone arrays MA1 and MA2. In a
technique using a beamformer, any one of various methods
can be used, such as an addition type delay-and-sum
method, a subtraction type spectrum-and-subtraction
method, and the like. Further, the intensity of directionality
may be changed in accordance with the range of the target
area TAR.

The spatial coordinate data holding unit 23 holds position
information of (the center of) the target area TAR and
position information of each of the microphone arrays MA1
and MA2.

The delay correcting unit 22 calculates a difference of a
delay (propagation delay time) generated by a difference
between the distance between the target area TAR and the
microphone array MA1 and the distance between the target
area TAR and the microphone array MA2, and corrects at
least one of beamformer outputs of the microphone arrays
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MA1 and MA2 so as to absorb the difference. Specifically,
first, the position of the target area TAR and the position of
each microphone array are acquired from the spatial coor-
dinate data holding unit 23 and a difference in time when the
target area sound reaches each microphone array (propaga-
tion delay time) is calculated. By using, as a reference, the
timing at which the target area sound reaches the micro-
phone array that is disposed at the farthest position from the
target area TAR, delays are added to beamformer outputs of
all the microphone arrays other than the reference micro-
phone array so that the target area sounds can reach all the
microphone arrays at the same time.

Note that in a case where the target area TAR is not
changed and the distances between the target area TAR and
each of the microphone arrays MA1 and MA2 are equal, the
delay correcting unit 22 and the spatial coordinate data
holding unit 23 can be omitted.

The target area sound power correction coefficient calcu-
lating unit 24 calculates a correction coefficient for making
the power of the target area sounds at all of the beamformer
outputs equal.

Here, as an example of the calculation of the correction
coeflicient, performed by the target area sound power cor-
rection coefficient calculating unit 24, the ratio of power of
the target area sound included in the BF output from each of
the microphone array may be estimated to be used as the
correction coeflicient.

The target area sound extracting unit 25 extracts the target
area sound on the basis of each beamformer output which is
output from the delay correcting unit 22 and the correction
coeflicient which is output from the target area sound power
correction coefficient calculating unit 24.

FIG. 9 is a block diagram showing an internal configu-
ration of the directionality forming unit 21 according to the
fourth embodiment.

The directionality forming unit 21 has, for each of the
microphone arrays MA1 and MA2, the same or correspond-
ing configuration as in the sound source separating apparatus
10A described in the first embodiment, and the correspond-
ing structural elements are denoted by the same reference
numerals as in FIG. 1 in the first embodiment.

That is, since the directionality forming unit 21 forms
directionality that has a directional direction in a forward
direction of the microphone array with respect to the target
direction for each of the microphone arrays MA1 and MA2,
the directionality forming unit 21 has the internal configu-
ration shown in FIG. 9 for each of the microphone arrays
MA1 and MA2.

In FIG. 9, the directionality forming unit 21 according to
the fourth embodiment includes a signal adding unit 2, a
bidirectionality forming unit 3, a unidirectionality forming
unit 4, an overlapped directionality canceling unit 5, and a
target signal extracting unit 6.

(E-2) Operation in the Fourth Embodiment

Next, the operation of the sound pickup apparatus 20A
according to the fourth embodiment will be described.

A sound emitted from all the sound sources located in the
target area TAR is captured by all the microphones M1, M2,
and M3 of the microphone arrays MA1 and MA2, which set
the target area TAR as a processing target. Note that the
microphones M1, M2, and M3 of the microphone arrays
MA1 and MA2 also capture a sound from a sound source
that is present in an area other than the target area TAR.

The sound signal (analog signal) picked up (captured) by
all the microphones M1, M2, and M2 of the first microphone
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array MA1 is converted into a digital signal by the data input
unit 1 and is given to the directionality forming unit 21.
Similarly, the sound signal (analog signal) picked up (cap-
tured) by all the microphones M1, M2, and M2 of the second
microphone array MA2 is converted into a digital signal by
the data input unit 1 and is given to the directionality
forming unit 21.

All the sound signals from the first microphone array
MAI1, which have been converted into digital signals, are
subjected to a beamformer process performed by the direc-
tionality forming unit 21 such that the directional direction
is set to a forward direction of the microphone array MA1
with respect to the direction of the target area TAR, and the
beamformer output is given to the delay correcting unit 22.
Further, all the sound signals from the second microphone
array MA2, which have been converted into digital signals,
are subjected to a beamformer process performed by the
directionality forming unit 21 such that the directional
direction is set to a forward direction of the microphone
array MA1 with respect to the direction of the target area
TAR, and the beamformer output is given to the delay
correcting unit 22.

Here, a detailed operation in the directionality forming
unit 21 will be described with reference to FIG. 9.

An input signal X, and an input signal X,,, which are
output from the microphone M1 and the microphone M2,
respectively, located to be horizontal with respect to the
target direction, of the first microphone array MA1 are given
to the signal adding unit 2. In the signal adding unit 2, after
adding the input signal X, and the input signal X, ,, the
power of the added signal is multiplied by %, so that the
target sound component is emphasized.

Further, the input signals X, and X, from the micro-
phones M1 and M2 of the first microphone array MA1 are
given to the bidirectionality forming unit 3. In the bidirec-
tionality forming unit 3, by use of the input signals X,, and
X, a bidirectional filter having a dead angle in the target
direction is formed. As in the first embodiment, the bidirec-
tionality is formed in accordance with the formulas (1) and
(3) in which 0,=0.

Further, the input signal X, , and an input signal X, ; from
the microphones M2 and M3 of the first microphone array
MA1, the microphones being located in the same direction
as the target direction, are given to the unidirectionality
forming unit 4. In the unidirectionality forming unit 4, by
use of the input signals X, and X, ; which are inputs from
the microphones M2 and M3 located in the same direction
as the target direction, a unidirectional filter having a dead
angle in the target direction is formed. As in the first
embodiment, the unidirectionality is formed in accordance
with the formulas (1) and (3) in which 6,=-m/2.

In the overlapped directionality canceling unit 5, a signal
component that is commonly included in an amplitude
spectrum N, of an output from the bidirectionality forming
unit 3 and an amplitude spectrum N, of an output from the
unidirectionality forming unit 4 is canceled. That is, in the
overlapped directionality canceling unit 5, in accordance
with the formula (5), an amplitude spectrum N, of an
output obtained after subtraction of an overlapped area is
obtained by subtracting the amplitude spectrum N, of the
output from the bidirectionality forming unit 3 from the
amplitude spectrum N, of an output from the unidirection-
ality forming unit 4.

In a case where the amplitude spectrum N, of an output
obtained after the subtraction of the overlapped area is
negative, a flooring process is performed in which the value
of the amplitude spectrum N, of the output obtained after
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the subtraction of the overlapped area is replaced by O or a
value smaller than the original value. Note that in the
flooring process, the value may be replaced by a value that
is smaller than the original value (value immediately before)
of the amplitude spectrum N, of the output obtained after
the subtraction of the overlapped area.

Although the gain of the directionality according to
frequencies due to beamformers (BFs) differs according to
the intervals between microphones, let us assume that the
gain correction is performed on the amplitude spectrum N,
of'the output from the bidirectionality forming unit 3 and the
amplitude spectrum N, of the output from the unidirec-
tionality forming unit 4. For example, the overlapped direc-
tionality canceling unit 5 may obtain the ratio of the ampli-
tude spectrum according to frequencies on the basis of the
amplitude spectrum N, of the output from the bidirection-
ality forming unit 3 and the amplitude spectrum N, of the
output from the unidirectionality forming unit 4, which have
the same time axis, and may perform the gain correction by
use of a correction coefficient for making the output power
equal.

To the target signal extracting unit 6, an amplitude spec-
trum X, of an output is given as the target sound from the
signal adding unit 2, and the amplitude spectrum N, of the
output and the amplitude spectrum N,,,; of the output
obtained after the subtraction of the overlapped area are
given as the non-target sound from the overlapped direc-
tionality canceling unit 5. Then, in the target signal extract-
ing unit 6, in accordance with the formula (6), by subtract-
ing, from the amplitude spectrum X, of the output from the
signal adding unit 2, the amplitude spectrum Ny, of the
output from the overlapped directionality canceling unit 5
and the amplitude spectrum N, of the output obtained
after the subtraction of the overlapped area, an emphasized
target sound is extracted.

As for the second microphone array MA2, input signals
X,1, X,5, and X, ; from the microphones M1, M2, and M3
are given to the directionality forming unit 21, and in the
same manner as that in the case of the first microphone array
MAI1, an emphasized target sound is extracted only to a
forward direction of the second microphone array MA2 with
respect to the target direction.

In the delay correcting unit 3, on the basis of data held by
the spatial coordinate data holding unit 23, a difference
between a propagation delay time from the target area TAR
to the first microphone array MA1 and a propagation delay
time from the target area TAR to the second microphone
array MA2, the difference being generated by the difference
between the distance between the target area TAR and the
microphone array MA1 and the distance between the target
area TAR and the microphone array MA2, is calculated, and
at least one of time axes of beamformer outputs X, (t) and
X,,.42(t=T) for each of the microphone arrays MA1 and MA2
is corrected so as to absorb the temporal difference.

In the above manner, the beamformer outputs X,,,,,;(t) and
X,,..2(t=T) having the same time axis are given to the target
area sound extracting unit 25 and the target area sound
power correction coefficient calculating unit 24.

Further, in the target area sound power correction coef-
ficient calculating unit 24, on the basis of the beamformer
outputs X,,,,;(t) and X, .,(t-T) having the same time axis, a
correction coeflicient for making the power of the target area
sounds equal in the beamformer outputs X, ,,(t) and X, »
(t-7) is calculated.
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In a case of using two microphone arrays MA1 and MA2,
for example, the correction coefficient of the target area
sound power is calculated using formulas (11) and (12) or
formulas (13) and (14).

al(n)=mode(§i§z;) k=12, ... .N b
az(n)=mode(§28) k=1,2.... N (12
1 () = medi XEZ;) =1,2, ... N 13
@3(n) = medi EZEZ;) k=1,2.... N 14

Here, X, ,(n) and X,,(n) represent amplitude spectra of
the beamformer outputs from the microphone arrays MA1
and MA2, N represents the total number of frequency bins,
k represents a frequency, and «,(n) and a,(n) represent
power correction coefficients with respect to each of the
beamformer outputs.

The target area sound extracting unit 25 performs a
spectral subtraction of each beamformer output data that has
been corrected by any one of the correction coefficients
a,(n) and a,(n) from the target area sound power correction
coeflicient calculating unit 24, in accordance with the for-
mulas (15) and (16), and extracts noise that is present in the
target area direction. That is, each beamformer output is
corrected by any one of the correction coefficients o, (n) and
a.,(n), and the spectral subtraction is performed, thereby
extracting the non-target area sound that is present in the
target area direction.

Ni(m)=X,(m)-0(m)X5(m) 15)

No(m)=X5(m)-0, ()X, (1) (16)

In order to extract a non-target area sound N, (n) that is
present in the target area direction when seen from the
microphone array MAI1, as shown in the formula (15), a
spectral subtraction, from the beamformer output X,(n) of
the microphone array MA1, of a value obtained by multi-
plying the beamformer output X,(n) from the microphone
array MA2 by the power correction coeflicient o, is per-
formed. Similarly, a non-target area sound N,(n) that is
present in the target area direction when seen from the
microphone array MA2 is extracted in accordance with the
formula (16).

Further, the target area sound extracting unit 25 performs
a spectral subtraction of the extracted noise from each
beamformer output in accordance with formulas (17) and
(18), thereby extracting the target area sound. Here, v, (n)
and y,(n) are coefficients for changing the intensity at the
time of the spectral subtraction.

Y (m)=X,(m)-y, ()N, () an

Y5 (m)=X5(m)-y2 ()N (1) 18)

FIG. 10 shows an image of sound pickup in an area
performed by the sound pickup apparatus 20A according to
the fourth embodiment. A dotted line in FIG. 10 represents
the directionality of a conventional subtraction-type BF
using bidirectionality, the BF being proposed in Japanese
Application Number 2012-217315, and a painted portion
represents the directionality obtained by the technique
according to the fourth embodiment.
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As shown in FIG. 10, in each of the microphone arrays
MA1 and MA2, the microphones M1 and M2 are disposed
to be horizontal with respect to the target direction, and the
microphone M3 is disposed on a straight line that intersects
with a straight line connecting the microphone M1 and M2
and passes through any of the microphones (here, the
microphone M2).

Since the directionality of each of the microphone arrays
MA1 and MA2 is formed only in the forward direction, an
effect of reverberation from the backward direction can be
suppressed. Further, by suppressing non-target areca sounds
1 and 2 located in the backward direction of each of the
microphone arrays MA1 and MA2 beforehand, the non-
target area sounds being denoted by the dotted line in FIG.
10, the SN ratio of picking up a sound in an area can be
improved.

A conventional area-sound pickup technique requires the
directionalities of the microphone arrays MA1 and MA2 to
overlap with each other only in the target area. Therefore, as
shown in FIG. 10, indeed the conventional bidirectional
subtraction-type BF can form a sharp directionality in the
target direction, but a straight directionality is formed not
only in the forward direction, but also in the backward
direction, of the microphone arrays MA1 and MA2 with
respect to the target direction. Accordingly, even when a
sound is to be picked up in an area between the two
microphone arrays MA1 and M A2, all the directionalities of
the microphone arrays MA1 and MA2 overlap with each
other, resulting in a sound pickup of all the areas that are
present on the straight line connecting the two microphone
arrays MA1 and MA2.

However, in a case of the fourth embodiment, the direc-
tionalities of the microphone arrays MA1 and MA2 are
formed only in the forward direction of the target area TAR;
thus, it is possible to pick up a sound in an area between the
two microphone arrays MA1 and MA2.

FIG. 11 shows another image of sound pickup in an area
performed by the sound pickup apparatus 20A according to
the fourth embodiment. In FIG. 11, the two microphone
arrays MA1 and MA2 are disposed to face each other with
the target area TAR interposed therebetween.

In this case, when the directionalities of the two micro-
phone arrays MA1 and MA2 are formed, the directionality
of the microphone array MA1 includes the target area sound
and a non-target area sound 2.

Further, the directionality of the microphone array MA2
includes the target area sound and a non-target area sound 1.

Since the non-target area sound components included in
the directionalities are different, only the target area sound
that is commonly included therein can be extracted. An
area-sound pickup with the microphone arrays MA1 and
MAZ2 disposed in this manner, can further suppress the
effects of reverberation.

That is, in a case where the area-sound pickup is per-
formed by use of the two microphone arrays MA1 and MA2,
in the conventional area-sound technique proposed in Japa-
nese Application Number 2012-217315, the angle made by
the directionalities of the microphone arrays MA1 and MA2
is 90°, while it is 180° according to the fourth embodiment.
Accordingly, the reflected non-target area sound is less
likely to be mixed into the directionalities of the microphone
arrays MA1 and MA2 at the same time, and the area-sound
pickup performance is less likely to degrade.

(E-3) Effects of the Fourth Embodiment

As described above, according to the fourth embodiment,
by use of a microphone array including three omnidirec-
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tional microphones, the directionality is formed only in the
forward direction of the target area, and the area-sound
pickup can suppress the effects of reverberation and improve
the SN ratio.

(F) Fifth Embodiment

Next, a fifth embodiment of a sound source separating
apparatus, sound source separating program, sound pickup
apparatus, and sound pickup program according to an
embodiment of the present invention will be described in
detail with reference to appended drawing.

In a case of using microphone arrays each including three
microphones, a change in combination of the microphones
that form the bidirectionality or the unidirectionality can
change the direction in which the directionality is formed.

Accordingly, in the fitth embodiment, an embodiment will
be shown in which a change in the directional direction of
each microphone array enables sound pickup of another area
without moving the microphone arrays.

(F-1) Configuration of the Fifth Embodiment

FIG. 12 is a block diagram showing a configuration of a
sound pickup apparatus 20B according to the fitth embodi-
ment. The same or corresponding parts as in FIG. 8 accord-
ing to the fourth embodiment are denoted by the same
reference numerals.

In FIG. 12, the sound pickup apparatus 20B according to
the fifth embodiment includes a first microphone array
MA1, a second microphone array MA2, a data input unit 1,
a directionality forming unit 21, a delay correcting unit 22,
a spatial coordinate data holding unit 23, a target area sound
power correction coefficient calculating unit 24, and a target
area sound extracting unit 25, and in addition, an area
selecting unit 26 and an area switching unit 27.

The area selecting unit 26 receives information on the
target area TAR that is selected by a user through a GUI, for
example, and gives the information to the area switching
unit 8. The number of the target areas TAR is not limited to
one, and a plurality of the target areas can be selected at the
same time.

On the basis of the information of the target area TAR
given from the area selecting unit 26, the area switching unit
27 acquires position information of the target area TAR,
each of the microphone arrays MA1 and MA2, and the
microphones M1, M2, and M3 included in each of the
microphone arrays MA1 and MA2, from the spatial coor-
dinate data holding unit 23, determines combination of
microphone arrays and microphones that are necessary for
forming the directionality toward the target area TAR, and
controls a signal to be input to the directionality forming unit
21.

(F-2) Operation in the Fifth Embodiment

Operations of the area selecting unit 26 and the area
switching unit 27 in the operation of the sound pickup
apparatus 20B according to the fifth embodiment are differ-
ent from those in the sound pickup apparatus 20A according
to the fourth embodiment; therefore, the operations of the
area selecting unit 26 and the area switching unit 27 will be
described in detail.

The area selecting unit 26 receives information on one or
more target areas TAR that are selected by the user through
a GUI, for example, and transmits the information to the area
switching unit 27.
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In the area switching unit 27, on the basis of the infor-
mation on the target area transmitted from the area selecting
unit 26, position information of the target area TAR selected
from the spatial coordinate data holding unit 23, position
information of each of the microphone arrays MA1 and
MAZ2, and position information of the microphones M1, M2,
and M3 included in each of the microphone arrays are
acquired. Further, the area switching unit 27 determines
combination of microphone arrays and microphones that are
necessary for forming the directionality toward the target
area, and controls a signal to be input to the directionality
forming unit 21.

FIG. 13 shows an example of an image of a situation in
which, by use of two microphone arrays MA1 and MA2,
each including three microphones according to the fifth
embodiment, two areas are switched to pick up a sound.

The microphone array MA1 includes microphones M11,
M12, and M13, and the microphone array MA2 includes
microphones M21, M22, and M23.

For example, when a target area A is selected by the user,
selection information of the target area A is given from the
area selecting unit 26 to the area switching unit 27. The area
switching unit 27 acquires position information of the
selected target area A from the spatial coordinate data
holding unit 23.

In this case, the microphone arrays MA1 and MA2 which
can form the directionality in the target area A are selected
from the area selecting unit 26, and position information of
the microphone arrays MA1 and MA2 and position infor-
mation of the microphones M11, M12, and M13 of the
microphone array MA1 and of the microphones M21, M22,
and M23 of the microphone array MA2 are acquired from
the spatial coordinate data holding unit 23. As a selection
method of the microphone arrays MA1 and MA2, for
example, in a case where a plurality of microphone arrays
are disposed, given two microphone arrays MA1 and MA2
may be selected or the microphone arrays MA1 and MA2
which can form the directionality according to the target area
may be determined beforehand.

Next, the area switching unit 27 controls input signals to
the directionality forming unit 21 such that the bidirection-
ality is formed by combination of the microphones M12 and
M13 of the microphone array MA1 and the microphones
M22 and M23 of the microphone array MA2 and the
unidirectionality is formed by combination of the micro-
phones M11 and M12 of the microphone array MA1 and the
microphones M21 and M22 of the microphone array MA2.

In accordance with an instruction from the area switching
unit 27, the directionality forming unit 21 inputs the input
signals from the data input unit 1 to the bidirectionality
forming unit 3 and the unidirectionality forming unit 4,
thereby forming the bidirectionality and the unidirectional-
ity.

Meanwhile, in a case where a target area B is selected, the
area switching unit 27 controls input signals to the direc-
tionality forming unit 21 such that the bidirectionality is
formed by combination of the microphones M11 and M12 of
the microphone array MA1 and the microphones M21 and
M22 of the microphone array MA2 and the unidirectionality
is formed by combination of the microphones M12 and M13
of the microphone array MA1 and the microphones M22 and
M23 of the microphone array MA2, thereby switching the
sound pickup area. Also in this case, the directionality
forming unit 21 inputs the input signals from the data input
unit 1 to the bidirectionality forming unit 3 and the unidi-
rectionality forming unit 4 in accordance with an instruction
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from the area switching unit 27, thereby forming the bidi-
rectionality and the unidirectionality.

Further, in a case where the target area A and the target
area B are selected at the same time as the target area, the
area switching unit 27 makes instructions by selecting
combination of microphone arrays and microphones in
parallel for each of the selected target arcas. Thus, the
bidirectionality and the unidirectionality for each of the
selected target areas can be formed.

(F-3) Effects of the Fifth Embodiment

As described above, according to the fifth embodiment, in
addition to the effects of the fourth embodiment, by chang-
ing the directional direction of each microphone array, it is
possible to pick up a sound in another area without moving
the microphone arrays.

(G) Other Embodiments

Although a variety of modified embodiments are
described in the above embodiments, the following modified
embodiments can be further given.

Each of the above-described embodiments is made by
including the signal adding unit 2; however, the signal
adding unit 2 may be omitted in a case where the input signal
to be given to the target signal extracting unit 6 is used as a
signal captured by the microphone M1 or M2.

Although the fourth and fifth embodiments show cases
where the microphone array in which three microphones are
disposed at the vertexes of an isosceles right triangle is used,
a microphone array in which three microphones are disposed
at the vertexes of a regular triangle may be used. In this case,
the directionality forming unit 21 includes the signal adding
unit 2, the bidirectionality forming unit 3, the unidirection-
ality forming unit 4 (4-1 and 4-2), the overlapped direction-
ality canceling unit 5, and the target signal extracting unit 6,
which are described in the second or third embodiment, and
the target signal may be extracted through the operations
described in the second or third embodiment.

Although the fourth and fifth embodiments show two
microphone arrays, three or more microphone arrays may be
used. For example, in a case where three microphones are
used, the target area sound may be determined from three
target area sounds in total, which are the target area sound
obtained from first and second microphone arrays by the
method shown in the fourth and fifth embodiments and the
target area sounds obtained from the second microphone
array and a third microphone array by the method shown in
each of the embodiments.

In each of the above embodiments, the sound signal
captured by the microphone is processed in real time;
however, the sound signal captured by the microphone may
be stored in a storage medium and is then read out from the
storage medium to be processed, thereby obtaining the
emphasized signal of the target sound or the target area
sound. In a case where a storage medium is used in this
manner, the position where the microphone is set may be
away from the position where the process of extracting the
target sound or the target area sound is performed. Similarly,
even in a case where the process is performed in real time,
the position where the microphone is set may be away from
the position where the process of extracting the target sound
or the target area sound is performed, and a signal may be
supplied to a remote area by communication.
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The case where the above-described storage medium or
communication is used is also included in the concept of the
sound pickup apparatus according to an embodiment of the
present invention.

Heretofore, preferred embodiments of the present inven-
tion have been described in detail with reference to the
appended drawings, but the present invention is not limited
thereto. It should be understood by those skilled in the art
that various changes and alterations may be made without
departing from the spirit and scope of the appended claims.

What is claimed is:

1. A sound source separating apparatus comprising:

a bidirectionality forming unit configured to form a bidi-
rectionality having a dead angle in a target direction by
use of a sound signal picked up by two microphones
which are located to be horizontal with respect to the
target direction, among three microphones disposed at
vertexes of an isosceles right triangle;

a unidirectionality forming unit configured to form a
unidirectionality having a dead angle in the target
direction by use of a sound signal picked up by two
microphones which are located in a same direction as
the target direction, among the three microphones;

an overlapped directionality canceling unit configured to
cancel a signal component overlap between an output
from the bidirectionality forming unit and an output
from the unidirectionality forming unit by performing
a spectral subtraction of the output from the unidirec-
tionality forming unit from the output from the bidi-
rectionality forming unit or by performing a spectral
subtraction of the output from the bidirectionality form-
ing unit from the output from the unidirectionality
forming unit, and

a target sound extracting unit configured to extract a target
sound by performing a spectral subtraction of the
output from the overlapped directionality canceling
unit from either one of sound signals picked up by the
two microphones located to be horizontal with respect
to the target direction or a signal obtained by averaged
sound signals picked up by the two microphones
located to be horizontal with respect to the target
direction.

2. A sound source separating apparatus comprising:

a bidirectionality forming unit configured to form a bidi-
rectionality having a dead angle in a target direction by
use of a sound signal picked up by two microphones
which are located to be horizontal with respect to the
target direction, among three microphones disposed at
vertexes of a regular triangle;

a unidirectionality forming unit configured to form two
unidirectionalities having dead angles of +60° and —-60°
with respect to the target direction by use of a sound
signal picked up by a combination of two microphones
which are located at angles of +60° and -60° with
respect to the target direction, among the three micro-
phones;

an overlapped directionality canceling unit configured to
cancel a signal component overlap between an output
from the bidirectionality forming unit and an output
from the unidirectionality forming unit by performing
a spectral subtraction of the output from the unidirec-
tionality forming unit from the output from the bidi-
rectionality forming unit or by performing a spectral
subtraction of the output from the bidirectionality form-
ing unit from the output from the unidirectionality
forming unit, and
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a target sound extracting unit configured to extract a target
sound by performing a spectral subtraction of the
output from the overlapped directionality canceling
unit from either one of sound signals picked up by the
two microphones located to be horizontal with respect
to the target direction or a signal obtained by averaged
sound signals picked up by the two microphones
located to be horizontal with respect to the target
direction.

3. A sound source separating apparatus comprising:

a bidirectionality forming unit configured to form a bidi-
rectionality having a dead angle in a target direction by
use of a sound signal picked up by two microphones
which are located to be horizontal with respect to the
target direction, among three microphones disposed at
vertexes of a regular triangle;

a unidirectionality forming unit configured to form a
unidirectionality having a dead angle in the target
direction by use of a signal obtained by averaged sound
signals picked up by two microphones which are
located to be horizontal with respect to the target
direction and a sound signal picked up by the other
microphone, among the three microphones;

an overlapped directionality canceling unit configured to
cancel a signal component overlap between an output
from the bidirectionality forming unit and an output
from the unidirectionality forming unit by performing
a spectral subtraction of the output from the unidirec-
tionality forming unit from the output from the bidi-
rectionality forming unit or by performing a spectral
subtraction of the output from the bidirectionality form-
ing unit from the output from the unidirectionality
forming unit, and

a target sound extracting unit configured to extract a target
sound by performing a spectral subtraction of the
output from the overlapped directionality canceling
unit from either one of sound signals picked up by the
two microphones located to be horizontal with respect
to the target direction or a signal obtained by averaged
sound signals picked up by the two microphones
located to be horizontal with respect to the target
direction.

4. A sound source separating apparatus comprising:

a bidirectionality forming unit configured to form a bidi-
rectionality having a dead angle in a target direction by
use of a sound signal picked up by two microphones
which are located to be horizontal with respect to the
target direction, among three microphones disposed at
vertexes of a triangle;

a unidirectionality forming unit configured to form a
unidirectionality having a dead angle in the target
direction by use of a sound signal picked up by two
microphones among the three microphones;

an overlapped directionality canceling unit configured to
cancel a signal component overlap between an output
from the bidirectionality forming unit and an output
from the unidirectionality forming unit by performing
a spectral subtraction of the output from the unidirec-
tionality forming unit from the output from the bidi-
rectionality forming unit or by performing a spectral
subtraction of the output from the bidirectionality form-
ing unit from the output from the unidirectionality
forming unit, and

a target sound extracting unit configured to extract a target
sound by performing a spectral subtraction of the
output from the overlapped directionality canceling
unit from either one of sound signals picked up by the
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two microphones located to be horizontal with respect
to the target direction or a signal obtained by averaged
sound signals picked up by the two microphones
located to be horizontal with respect to the target
direction. 5
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